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(54) Titie: SIGNAL QUALITY DETERMINING DEVICE AND METHOD 
(57) Abstract 

A device for determining the quality of an output signal 
to be generated by a signal processing circuit with respect to a 
reference signal is provided with a first series circuit for receiving 
the output signal and with a second series circuit for receiving 
the reference signal and generates an objective quality signal by 
means of a combining circuit coupled to the two series circuits. 
The poor correlation between said objective quality signal and a 
subjective quality signal to be assessed by human observers can 
be considerably improved by coupling a converting arrangement 
to a series circuit for converting at least two signal parameters 
into a third signal parameter, and by coupling a discounting 
arrangement to the converting arrangement for discounting the 
third signal parameter at the combining circuit 
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Signal quality determining device and method 


A 


Background of the invention 


The invention relates to a device for determining the quality of 
\mn, output signal to be generated by a signal processing circuit with 
respect to a reference signal, vhich device is provided with a first 
5 series circuit having a first input for receiving the output signal 

and is provided with a second series circuit having a second input for 
receiving the reference signal and is provided with a combining 
circuit, coupled to a first output of the first series circuit and to 
a second output of the second series circuit, for generating a quality 
10 signal, which first series circuit is provided with 

a first signal processing arrangement, coupled to the first 
input of the first series circuit, for generating a first signal 
parameter as a function of time and frequency, and 

a first compressing arrangement, coupled to the first signal 
15 processing arrangement, for compressing a first signal parameter and 
for generating a first compressed signal parameter, 
which second series circuit is provided with 

a second compressing arrangement, coupled to the second input, 
for generating a second compressed signal parameter, 
20 which combining circuit is provided with 

a differential arrangement, coupled to the two compressing 
arrangements, for determining a differential signal on the basis of 
the compressed signal parameters, and 

an integrating arrangement, coupled to the differential 
25 arrangement, for generating the quality signal by integrating the 
differential signal with respect to time and frequency. 

Such a device is disclosed in the first reference: J. Audio Eng. 
Soc, Vol. 40, No. 12, December 1992, in particular "A Perceptual 
| Audio Quality Measure Based on a Psychoacoustic Sound Representation" 
30 by John G. Beerends and Jan A. Stemerdink, pages 963 - 978, more 

particularly Figure 7. The device described therein determines the 
quality of an output signal to be generated by a signal processing 
circuit, such as, for example, a coder/decoder, or codec, with respect 
to a reference signal. Said reference signal is, for example, an input 
35 signal to be presented to the signal processing circuit, although the 
possibilities also include using as reference signal a pre-calculated 
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ideal version of the output signal. The first signal parameter is 
generated as a function of time and frequency by means of the first 
signal processing arrangement » associated with the first series 
circuit, in response to the output signal, after which the first 
5 signal parameter is compressed by means of the first compressing 
arrangement associated with the first series circuit* In this 
connection, intermediate operational processing of said first signal 
parameter should not be ruled out at all. The second signal parameter 
is compressed by means of the second compressing arrangement 

10 associated with the second series circuit in response to the reference 
signal. In this connection, too, further operational processing of 
said second signal parameter should not be ruled out at all. Of both 
compressed signal parameters the differential signal is determined by 
means of the differential arrangement associated with the combining 

15 circuit, after which the quality signal is generated by integrating 

the differential signal with respect to time and frequency by means of 
the integrating arrangement associated with the combining circuit. 

Such a device has, inter alia, the disadvantage that the 
objective quality signal to be assessed by means of said device and a 

20 subjective quality signal to be assessed by human observers have a 
poor correlation. 

B Summary of the invention 


25 of the type mentioned in the preamble, the objective quality signal to 
be assessed by means of said device and a subjective quality signal to 
be assessed by human observers having a better correlation. 

For this purpose, the device according to the invention has the 
characteristic that the device comprises 

30 a converting arrangement coupled to at least one series circuit 

for converting at least two signal parameters into a third signal 
parameter, and 

a discounting arrangement coupled to the converting arrangement 
for discouting the third signal parameter at the integrating 
35 arrangement* 

As a result of providing the device with the converting 
arrangement and the discounting arrangement, the complexity of the 
reference signal or output signal can be used to adjust the quality 


The object of the invention is, inter alia, to provide a device 
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signal. Due to said converting and discounting, a good correlation is 
obtained between the objective quality signal to be assessed by means 
of said device and a subjective quality signal to be assessed by human 
observers. 

The invention is based, inter alia, on the insight that the poor 
correlation between objective quality signals to be assessed by means 
of known devices and subjective quality signals to be assessed by 
human observers is the consequence, inter alia, of the fact that 
certain distortions are found to be more objectionable by human 
observers than other distortions, which poor correlation is improved 
by using the two compressing arrangements, and is furthermore based, 
inter alia, on the insight that distortions in a less complex signal 
are found to be more objectionable than distortions in a more complex 
signal. 

The problem of the poor correlation is thus solved by an 
improved functioning of the device as a result of providing the device 
with the converting arrangement and the discounting arrangement. 

A first embodiment of the device according to the invention has 
the characteristic that the converting arrangement converts at least a 
signal parameter at a first timepoint and at a first frequency and 
another signal parameter at a second timepoint and at the first 
frequency into a fourth signal parameter at the first frequency and 
converts a further signal parameter at a first timepoint and at a 
second frequency and another further signal parameter at a second 
25 timepoint and at the second frequency into a further fourth signal 

parameter at the second frequency, the discounting arrangement being 
situated between the differential arrangement and the integrating 
arrangement, and the third signal parameter comprising the fourth 
signal parameter and the further fourth signal parameter. 
30 In this case the adjustment is done before the differential 

signal is integrated with respect to time and frequency. 

A second embodiment of the device according to the invention has 
the characteristic that the converting arrangement converts at least a 
signal parameter at a first timepoint and at a first frequency and 
35 another signal parameter at the first timepoint and at a second 

frequency into the third signal parameter at the first timepoint, the 
discounting arrangement being situated inside the integrating 
arrangement for discounting the third signal parameter after the 
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differential signal being integrated with respect to frequency and 
before the differential signal is integrated with respect to time. 

A third embodiment of the device according to the invention has 
the characteristic that the second series circuit is furthermore 
5 provided vith 

a second signal processing arrangement, coupled to the second 
input, for generating a second signal parameter as a function of both 
time and frequency, the second compressing arrangement being coupled 
to the second signal processing arrangement in order to compress the 
10 second signal parameter. 

If the second series circuit is furthermore provided with the 
second signal processing arrangement, the second signal parameter is 
generated as a function of both time and frequency. In this case, the 
input signal to be presented to the signal processing circuit, such 
15 as, for example, a coder/decoder, or codec, whose quality is to be 

determined, is used as reference signal, in contrast to when a second 
signal processing arrangement is not used, in which case a pre- 
calculated ideal version of the output signal should be used as 
reference signal. 

20 A fourth embodiment of the device according to the invention has 

the characteristic that a signal processing arrangement is provided 
with 

a multiplying arrangement for multiplying in the time domain a 
signal to be fed to an input of the signal processing arrangement by a 
25 window function, and 

a transforming arrangement, coupled to the multiplying 
arrangement, for transforming a signal originating from the 
multiplying arrangement to the frequency domain, 
which transforming arrangement generates, after determining an 
30 absolute value, a signal parameter as a function of time and 
frequency. 

In this connection, the signal parameter is generated as a 
function of time and frequency by the first and/or second signal 
processing arrangement as a result of using the multiplying 
35 arrangement and the transforming arrangement, which transforming 
arrangement also performs, for example, the absolute-value 
determination. 

A fifth embodiment of the device according to the invention has 
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the characteristic that a signal processing arrangement is provided 
with 

a subband filtering arrangement for filtering a signal to be fed 
to an input of the signal processing arrangement, which subband 
filtering arrangement generates, after determining an absolute value, 
a signal parameter as a function of time and frequency. 

In this connection, the signal parameter is generated as a 
function of time and frequency by the first and/or second signal 
processing arrangement as a result of using the subband filtering 
arrangement which also performs, for example, the absolute-value 
determination. 

A sixth embodiment of the device according to the invention has 
the characteristic that the signal processing arrangement is 
furthermore provided with 

a converting arrangement for converting a signal parameter 
represented by means of a time spectrum and a frequency spectrum to a 
signal parameter represented by means of a time spectrum and a Bark 
spectrum. 

In this connection, the signal parameter generated by the first 
and/or second signal processing arrangement and represented by means 
of a time spectrum and a frequency spectrum is converted into a signal 
parameter represented by means of a time spectrum and a Bark spectrum 
by using the converting arrangement. 

The invention furthermore relates to a method for determining 
the quality of an output signal to be generated by a signal processing 
circuit with respect to a reference signal, which method comprises the 
following steps of 

generating a first signal parameter as a function of time and 
frequency in response to the output signal, 

compressing a first signal parameter and generating a first 
compressed signal parameter, 

generating a second compressed signal parameter in response to 
the reference signal, 

determining a differential signal on the basis of the compressed 
35 signal parameters, and 

generating a quality signal by integrating the differential 
signal with respect to time and frequency. 

The method according to the invention has the characteristic 
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that the method furthermore comprises the following steps of 

converting at least tvo signal parameters into a third signal 
parameter , and 

discouting the third signal parameter after determination of the 
5 differential signal and before generation of the quality signal. 

A first embodiment of the method according to the invention has 
the characteristic that the method comprises the fol loving steps of 

converting at least a signal parameter at a first timepoint and 
at a first frequency and another signal parameter at a second 
10 timepoint and at the first frequency into a fourth signal parameter at 
the first frequency, 

converting a further signal parameter at a first timepoint and 
at a second frequency and another further signal parameter at a second 
timepoint and at the second frequency into a further fourth signal 
15 parameter at the second frequency » and 

discounting the third signal parameter comprising the fourth 
signal parameter and the further fourth signal parameter before the 
differential signal is integrated with respect to time and frequency. 

A second embodiment of the method according to the invention has 
20 the characteristic that the method comprises the following steps of 

converting at least a signal parameter at a first timepoint and 
at a first frequency and another signal parameter at the first 
timepoint and at a second frequency into the third signal parameter at 
the first timepoint , and 
25 * discounting the third signal parameter after the differential 
signal has been integrated with respect to frequency and before the 
differential signal is integrated with respect to time. 

A third embodiment of the method according to the invention has 
the characteristic that the step of generating a second compressed 
30 signal parameter in response to the reference signal comprises the 
following two steps of 

generating a second signal parameter in response to the 
reference signal as a function of both time and frequency, and 
compressing a second signal parameter. 
35 A fourth embodiment of the method according to the invention has 

the characteristic that the step of generating a first signal 
parameter in response to the output signal as a function of time and 
frequency comprises the following two steps of 
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multiplying in the time domain a still further first signal to 
be generated in response to the output signal by a window function, 
and 

transforming the still further first signal to be multiplied by 
5 the window function to the frequency domain, which represents, after 
determining an absolute value, a signal parameter as a function of 
time and frequency. 

A fifth embodiment of the method according to the invention has 
the characteristic that the step of generating a first signal 
10 parameter in response to the output signal as a function of time and 
frequency comprises the following step of 

filtering a still further first signal to be generated in 
response to the output signal, which represents, after determining an 
absolute value, a signal parameter as a function of time and 
15 frequency. 

A sixth embodiment of the method according to the invention has 
the characteristic that the step of generating a first signal 
parameter in response to the output signal as a function of time and 
frequency also comprises the following step of 
20 - converting a signal parameter represented by means of a time 

spectrum and a frequency spectrum to a signal parameter represented by 
means of a time spectrum and a Bark spectrum. 

References 

J. Audio Eng. Soc, Vol. 40, No. 12, December 1992, in 
particular, "A Perceptual Audio Quality Measure Based on a 
Psychoacoustic Sound Representation" by John G. Beerends and Jan 
A. Stemerdink, pages 963 * 976 

"Modelling a Cognitive Aspect in the Measurement of the Quality 
of Music Codecs", by John G. Beerends and Jan A. Stemerdink, 
presented at the 96th Convention 26 February - 1 March 1994, 
Amsterdam 
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■ DS 37 08 002 

5 ■ NL 9500512 (Dutch priority patent application) 

All the references including the literature cited in these 
references are deemed to be incorporated in this patent application. 

10 D Exenplary embodiment 

The invention vill be explained in greater detail by reference 
to an exemplary embodiment shown in the figures. In the figures: 

Figure 1 shows a device according to the invention, comprising 
known signal processing arrangements, known compressing arrangements, 
15 and a combining circuit according to the invention, 

Figure 2 shows a known signal processing arrangement for use in 
the device according to the invention, 

Figure 3 shows a known compressing arrangement for use in the 
device according to the invention, 
20 Figure 4 shows a scaling circuit for use in the device according 

to the invention, and 

Figure 5 shows a combining circuit according to the invention 
for use in the device according to the invention. 

The device according to the invention shown in Figure 1 
25 comprises a first signal processing arrangement 1 having a first input 
7 for receiving an output signal originating from a signal processing 
circuit such as, for example, a coder/decoder, or codec. A first 
output of first signal processing arrangement 1 is connected via a 
coupling 9 to a first input of a scaling circuit 3. The device 
30 according to the invention furthermore comprises a second signal 
processing arrangement 2 having a second input 8 for receiving an 
input signal to be fed to the signal processing circuit such as, for 
example, the coder/decoder, or codec. A second output of second signal 
processing arrangement 2 is connected via a coupling 10 to a second 
35 input of scaling circuit 3. A first output of scaling circuit 3 is 
connected via a coupling 11 to a first input of a first compressing 
arrangement 4, and a second output of scaling circuit 3 is connected 
via a coupling 12 to a second input of a second compressing 
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arrangement 5. A first output of first compressing arrangement 4 is 
connected via a coupling 13 to a first input of a combining circuit 6, 
and a second output of second compressing arrangement 5 is connected 
via a coupling 16 to a second input of combining circuit 6. A third 
output of scaling circuit 3 is connected via a coupling 14 to a third 
input of combining circuit 6, and the second output of second 
compressing arrangement 5, or coupling 16, is connected via a coupling 
IS to a fourth input of combining circuit 6 which has an output 17 for 
generating a quality signal. The first output of first signal 
processing arrangement 1 is connected via a coupling 18 to a fifth 
input of combining circuit 6. First signal processing arrangement 1 
and first compressing arrangement 4 jointly correspond to a first 
series circuit , and second signal processing arrangement 2 and second 
compressing arrangement 5 jointly correspond to a second series 
15 y' circuit. 

/ The known first (or second) signal processing arrangement 1 (or 

J 2 > shown in Figure 2 comprises a first (or second) multiplying 

arrangement 20 for multiplying in the time domain the output signal 
(or input signal) to be fed to the first input 7 (or second input 8) 
of the first (or second) signal processing arrangement 1 (or 2) and 
originating from the signal processing circuit such as, for example, 
the coder /decoder, or codec, by a window function, a first (or second) 
transforming arrangement 21, coupled to the first (or second) 
multiplying arrangement 20, for transforming the signal originating 
25 from the first (or second) multiplying arrangement 20 to the frequency 
domain, a first (or second) absolute-value arrangement 22 for 
determining the absolute value of the signal originating from the 
first (or second) transforming arrangement 21 for generating a first 
(or second) positive signal parameter as a function of time and 
frequency, a first (or second) converting arrangement 23 for 
converting the first (or second) positive signal parameter originating 
from the first (or second) absolute-value arrangement 22 and 
represented by means of a time spectrum and a frequency spectrum into 
a first. (or second) signal parameter represented by means of a time 
35 spectrum and a Bark spectrum, and a first (or second) discounting 

arrangement 24 for discounting a hearing function in the case of the 
first (or second) signal parameter originating from the first (or 
second) converting arrangement and represented by means of a time 
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spectrum end a Bark spectrum, which signal parameter is then 
transmitted via the coupling 9 (or 10). 

The known first (or second) compressing arrangement 4 (or 5) 
shown in Figure 3 receives via coupling 11 (or 12) a signal parameter 
5 which is fed to a first (or second) input of a first (or second) adder 

30, a first (or second) output of which is connected via a coupling 

31, on the one hand, to a first (or second) input of a first (or 
second) multiplier 32 and, on the other hand, to a first (or second) 
nonlinear convoluting arrangement 36 which is furthermore connected to 

10 a first (or second) compressing unit 37 for generating via coupling 13 
(or 16) a first (or second) compressed signal parameter. First (or 
second) multiplier 32 has a further first (or second) input for 
receiving a feed signal and has a first (or second) output which is 
connected to a first (or second) input of a first (or second) delay 

15 arrangement 34, a first (or second) output of which is coupled to a 
further first (or second) input of the first (or second) adder 30. 

The scaling circuit 3 shown in Figure 4 comprises a further 
integrating arrangement 40, a first input of which is connected to the 
first input of scaling circuit 3 and consequently to coupling 9 for 

20 receiving a first series circuit signal (the first signal parameter 
represented by means of a time spectrum and a Bark spectrum) and a 
second input of which is connected to the second input of scaling 
circuit 3 and consequently to coupling 10 for receiving a second 
series circuit signal (the second signal parameter represented by 

25 means of a time spectrum and a Bark spectrum). A first output of 

further integrating arrangement 40 for generating the integrated first 
series circuit signal is connected to a first input of a comparing 
arrangement 41 and a second output of further integrating arrangement 
40 for generating the integrated second series circuit signal is 

30 connected to a second input of comparing arrangement 41. The first 

input of scaling circuit 3 is connected to the first output and, via 
scaling circuit 3, coupling 9 is consequently connected through to 
coupling 11. The second input of scaling circuit 3 is connected to a 
first input of a further scaling unit 42 and a second output is 

35 connected to an output of further scaling unit 42 and, via scaling 

circuit 3, coupling 10 is consequently connected through to coupling 
12 via further scaling unit 42. An output of comparing arrangement 41 
for generating a control signal is connected to a control input of 
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further scaling unit 42. The first input of scaling circuit 3, or 
coupling 9 or coupling 11, is connected to a first input of a ratio- 
determining arrangement 43 and the output of further scaling unit 42, 
or coupling 12 , is connected to a second input of ratio-determining 
arrangement 43, an output of which is connected to the third output of 
scaling circuit 3 and consequently to coupling 14 for generating a 
further scaling signal. 

The combining circuit 6 shown in Figure 5 comprises a further 
comparing arrangement 50, a first input of which is connected to the 
first input of combining circuit 6 for receiving the first compressed 
signal parameter via coupling 13 and a second input of which is 
connected to the second input of combining circuit 6 for receiving the 
second compressed signal parameter via coupling 16. The first input of 
combining circuit 6 is furthermore connected to a first input of a 
15 differential arrangement 54,56. An output of further comparing 

arrangement 50 for generating a scaling signal is connected via a 
coupling 51 to a control input of scaling arrangement 52, an input of 
v which is connected to the second input of combining circuit 6 for 
receiving the second compressed signal parameter via coupling 16 and 
an output of which is connected via a coupling 53 to a second input of 
differential arrangement 54,56 for determining a differential signal 
on the basis of the mutually scaled compressed signal parameters. A 
third input of the differential arrangement 54,56 is connected to the 
fourth input of the combining circuit 6 for receiving, via coupling 

15, the second compressed signal parameter to be received via coupling 

16. Differential arrangement 54,56 comprises a differentiator 54 for 
generating a differential signal and a further absolute-value 
arrangement 56 for determining the absolute value of the differential 
signal, an output of which is connected to an input of scaling unit 
57, a control input of which is connected to the third input of 
combining circuit 6 for receiving the further scaling signal via 
coupling 14. An output of scaling unit 57 is connected to an input of 
discounting arrangement 61, of which a control input is coupled to an 
output of converting arrangement 60. An input of converting 

35 arrangement 60 is coupled to the fifth input of combining circuit 6 

for receiving at least two signal parameters and converting them into 
a third signal parameter. An output of discounting arranagement 61 is 
connected to an input of an integrating arrangement 58,59 for 
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integrating the scaled absolute value of the differential signal with 
respect to tine and frequency. Integrating arrangement 58,59 comprises 
a series arrangement of an integrator 58 and a time-averaging 
arrangement 59, an output of which is connected to the output 17 of 
5 combining circuit 6 for generating the quality signal. 

The operation of a known device for determining the quality of 
the output signal to be generated by the signal processing circuit 
such as, for example, the coder/decoder, or codec, which known device 
is formed without the scaling circuit 3 shown in greater detail in 

10 Figure 4, the couplings 10 and 12 consequently being mutually 

connected through, and which known device is formed using a standard 
combining circuit 6, the third input, shown in greater detail in 
Figure 5, of differential arrangement 54,56, and scaling unit 57, and 
discounting arrangement 61 and converting arrangement 60 consequently 

15 being missing, is as follows and, indeed, as also described in the 
first reference. 

The output signal of the signal processing circuit such as, for 
example, the coder/decoder, or codec, is fed to input 7, after which 


the first signal processing circuit 1 converts said output signal into 


Bark spectrum. This takes place by means of the first multiplying 
arrangement 20 which multiplies the output signal represented by means 
of a time spectrum by a window function represented by means of a time 
spectrum, after which the signal thus obtained and represented by 

25 means of a time spectrum is transformed by means of first transforming 
arrangement 21 to the frequency domain, for example by means of an 
FFT, or fast Fourier transform, after which the absolute value of the 
signal thus obtained and represented by means of a time spectrum and a 
frequency spectrum is determined by means of the first absolute-value 

30 arrangement 22, for example by squaring, after which the signal 

parameter thus obtained and represented by means of a time spectrum 
and a frequency spectrum is converted by means of first converting 
arrangement 23 into a signal parameter represented by means of a time 
spectrum and a Bark spectrum, for example by resampling on the basis 

35 of a nonlinear frequency scale, also referred to as Bark scale, which 
signal parameter is then adjusted by means of first discounting 
arrangement 24 to a hearing function, or is filtered, for example by 
multiplying by a characteristic represented by means of a Bark 
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The first signal parameter thus obtained and represented by 
means of a time spectrum and a Bark spectrum is then converted by 
means of the first compressing arrangement 4 into a first compressed 
signal parameter represented by means of a time spectrum and a Bark 
spectrum. This takes place by means of first adder 30, first 
multiplier 32 and first delay arrangement 34, the signal parameter 
represented by means of a time spectrum and a Bark spectrum being 
multiplied by a feed signal represented by means of a Bark spectrum 
such as, for example, an exponentially decreasing signal, after which 
the signal parameter thus obtained and represented by means of a time 
spectrum and a Bark spectrum is added, with a delay in time, to the 
signal parameter represented by means of a time spectrum and a Bark 
spectrum, after which the signal parameter thus obtained and 
represented by means of a time spectrum and a Bark spectrum is 
convoluted by means of first nonlinear convoluting arrangement 36 with 
a spreading function represented by means of a Bark spectrum, after 
^which the signal parameter thus obtained and represented by means of a 
time spectrum and a Bark spectrum is compressed by means of first 
compressing unit 37. 

In a corresponding manner, the input signal of the signal 
processing circuit such as, for example, the coder/decoder, or codec, 
is fed to input 8, after which the second signal processing circuit 2 
converts said input signal into a second signal parameter represented 
by means of a time spectrum and a Bark spectrum, and the latter is 
converted by means of the second compressing arrangement 5 into a 
second compressed signal parameter represented by means of a time 
spectrum and a Bark spectrum. 

The first and second compressed signal parameters, respectively, 
are then fed via the respective couplings 13 and 16 to combining 
circuit 6, it being assumed for the time being that this is a standard 
combining circuit which lacks the third input of differential 
arrangement 54,56, and scaling unit 57, and discounting arrangement 61 
and converting arrangement 60 shown in greater detail in Figure 5. The 
two compressed signal parameters are integrated by further comparing 
arrangement 50 and mutually compared, after which further comparing 
arrangement 50 generates the scaling signal which represents, for 
example, the average ratio between the two compressed signal 
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parameters. Said scaling signal is fed to scaling arrangement 52 
which, in response thereto, scales the second compressed signal 
parameter (that is to say, increases or reduces it as a function of 
the scaling signal). Obviously, scaling arrangement 52 could also be 
5 used, in a manner knovn to the person skilled in the art, for scaling 
the first compressed signal parameter instead of for scaling the 
second compressed signal parameter and use could furthermore be made, 
in a manner known to the person skilled in the art, of two scaling 
arrangements for mutually scaling the two compressed signal parameters 

10 at the same time. The differential signal is derived by means of 
differentiator 54 from the mutually scaled compressed signal 
parameters, the absolute value of which differential signal is then - 
determined by means of further absolute-value arrangement 56. The 
signal thus obtained is integrated by means of integrator 58 with 

15 respect to a Bark spectrum and is integrated by means of time- 
averaging arrangement 59 with respect to a time spectrum and generated 
by means of output 17 as quality signal which indicates in an 
objective manner the quality of the signal processing circuit such as, 
for example, the coder/decoder or codec. 

20 The operation of the device according to the invention for 

determining the quality of the output signal to be generated by the 
signal processing circuit such as, for example, the coder/decoder, or 
codec, which device according to the invention is consequently formed 
with the scaling circuit 3 shown in greater detail in Figure 4, the 

25 couplings 10 and 12 consequently being coupled through mutually via 
further scaling unit, and which known device is formed with an 
expanded combining circuit 6 according to the invention to which the 
third input of differential arrangement 54,56 shown in greater detail 
in Figure 5, and scaling unit 57, and discounting arrangement 61 and 

30 converting arrangement 60 have consequently been added is as described 
above, supplemented by what follows. 

The first series circuit signal (the first signal parameter 
represented by means of a time spectrum and a Bark spectrum) to be 
received via coupling 9 and the first input of scaling circuit 3 is 

35 fed to the first input of further integrating arrangement 40 and the 
second series circuit signal (the second signal parameter represented 
by means of a time spectrum and a Bark spectrum) to be received via 
the coupling 10 and the second input of scaling circuit 3 is fed to 
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the second input of further integrating arrangement 40, which 
integrates the two series circuit signals with respect to frequency, 
after which the integrated first series circuit signal is fed via the 
first output of further integrating arrangement 40 to the first input 
5 of comparing arrangement 41 and the integrated second series circuit 
signal is fed via the second output of further integrating arrangement 
40 to the second input of comparing arrangement 41. The latter 
compares the two integrated series circuit signals and generates, in 
response thereto, the control signal which is fed to the control input 
10 of further scaling unit 42. The latter scales the second series 

circuit signal (the second signal parameter represented by means of a 
time spectrum and a Bark spectrum) to be received via coupling 10 and 
the second input of scaling circuit 3 as a function of said control 
signal (that is to say increases or reduces the amplitude of said 
15 second series circuit signal) and generates the thus scaled second 

series circuit signal via the output of further scaling unit 42 to the 
second output of scaling circuit 3, while the first input of scaling 
arrangement 3 is connected through in this example in a direct manner 
to the first output of scaling circuit 3. In this example, the first 
20 series circuit signal and the scaled second series circuit signal, 
respectively are passed via scaling circuit 3 to first compressing 
arrangement 4 and second compressing arrangement 5, respectively. 

As a result of this further scaling, a good correlation is 
obtained between the objective quality signal to be assessed by means 
25 of the device according to the invention and a subjective quality 
signal to be assessed by human observers. This all is based, inter 
alia, on the insight that the poor correlation between objective 
quality signals to be assesssed by means of known devices and 
subjective quality signals to be assessed by human observers is the 
30 consequence, inter alia, of the fact that certain distortions are 
found to be more objectionable by human observers than other 
distortions, which poor correlation is improved by using the two 
compressing arrangements, and is furthermore based, inter alia, on the 
insight. that, as a result of using scaling circuit 3, the two 
35 compressing arrangements 4 and 5 function better with respect to one 
another, which improves the correlation further. So, the problem of 
the poor correlation can be solved by an improved functioning of the 
two compressing arrangements 4 and 5 with respect to one another as a 
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result of using scaling circuit 3. 

As a result of the fact that the first input of scaling circuit 
3, or coupling 9 or coupling 11, is connected to the first input of 
ratio-determining arrangement 43 and the output of further scaling 
5 unit 42, or coupling 12, is connected to the second input of ratio- 
determining arrangement 43, ratio-determining arrangement 43 is 
capable of assessing the mutual ratio of the first series circuit 
signal and the scaled second series circuit signal and of generating a 
further scaling signal as a function thereof by means of the output of 

10 ratio-determining arrangement 43, vhich further scaling signal is fed 
via the third output of scaling circuit 3 and consequently via 
coupling 14 to the third input of combining circuit 6. Said further 
scaling signal is fed in combining circuit 6 to scaling unit 57 which 
scales, as a function of said further scaling signal, the absolute 

15 value of the differential signal originating from the differential 

arrangement 54,56 (that is to say increases or reduces the amplitude 
of said absolute value). As a consequence thereof, the already 
improved correlation is improved further as a result of the fact an 
(amplitude) difference still present between the first series circuit 

20 signal and the scaled second series circuit signal in the combining 
circuit is discounted and integrating arrangement 58,59 functions 
better as a result. 

A further improvement of the correlation is obtained if 
differentiator 54. (or further absolute-value arrangement 56) is 

25 provided with a further adjusting arrangement, not shown in the 
figures, for example in the form of a subtracting circuit which 
somewhat reduces the amplitude of the differential signal. Preferably, 
the amplitude of the differential signal is reduced as a function of a 
series' circuit signal, just as in this example it is reduced as a 

30 function of the scaled and compressed second signal parameter 

originating from second compressing arrangement 5, as a result of 
which integrating arrangement 58,59 functions still better. As a 
result, the already very good correlation is improved still further. A 
Another further improvement of the correlation Is obtained if 

35 combining circuit* 6 is provided with discounting arrangement 61, of 
which a control input is coupled to the first and/or second series 
circuit via converting arrangement 60. In case of converting 
arrangement 60 being coupled to the first series circuit, the first 
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signal parameters originating from first signal processing circuit 1 
are supplied to the input of converting arrangement 60. These first 
signal parameters are represented by means of a time spectrum and a 
frequency spectrum (in particular a Bark spectrum). Table 1 shows 
sixteen first signal parameters X, each one at one out of four 
timepoints t r t^ and at one out of four frequencies fj-f*: 


10 


15 


20 


25 


30 


| table 1 


*2 

*3 











X t4,f2 




^3, £3 








35 


According to affirs^t embodiment (discounting arrangement 61 is 
situated between differential arrangement 54,56 and integrator 58), 
converting arrangement 60 converts for example the four signal 
parameters X^^, X t2f£li X t3#fl , X^j into a fourth signal parameter Y £1 , 
and converts the four signal parameters X^j, X^^, X,.^, X t4f£2 into 
a further fourth signal parameter Y £2 , and converts the four signal 
parameters X tift ^ 9 X^j, X^^, X^^ into a still further fourth signal 
parameter Y £3 , and converts ^the^four signal parameters X cltf4 , X t2 £4 , 
*t* 9 H» ^.f* into a vet st ili V further fourth signal parameter Y £4 . This 
converting is for example realised by calculating the average value of 
each four signal parameters/ and then taking the absolute difference 
between the last one of each four signal parameters and the 
corresponding average rvalue. The four fourth signal parameters are 
supplied to the control input of discounting arrangement 61. At its 
input discounting arrangement 61 receives the differential signal 
comprising^four parameters Z^^, Z t4f£2 , Z t4(£3 , Z t4>£4 , and generates at 
its output these four, signal parameters, each one being divided by the 
corresponding fourth signal parameter: Z t4(£l /Y £1 , Z t4f£2 /Y £2 , Z t4(£3 /Y £3 , 

^.tJ^u* f — ^ 

According to a^^secopd embodiment (discounting arrangement 61 
should be situated between integrator 58 and time-averaging 
arrangement 59), converting arrangement 60 converts for example the 
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four signal parameters ^ 4 fl , X^fj, ^t4 v f3» %Tk t f* into a third signal 
parameter V t4 . This converting is for example realised by calculating 
the average value of these four signal parameters, then calculating 
the difference between each one of these four signal parameters and 
5 the average value, squaring each calculated difference , summing the 
squared calculated differences and rooting this sum, the rooted sum 
being equal to the third signal parameter V t4 . This third signal 
parameter is supplied to the control input of discounting arrangement 
61. At its input discounting arrangement 61 receives a signal V t6 
10 coming from integrator 58, and generates at its output this signal, 
being divided by the third signal parameter: V t4 /V t4 . 


should be situated between integrator 58 and time-averaging 
arrangement 59), converting arrangement 60 converts for example the 
15 four signal parameters X^fj, X^^, Xt4,f3» x t4,f* into a third signal 
parameter V t4 . This converting is for example realised by calculating 
the average value of Y fl , Y f2 , Y f3 , Y f4 , then calculating the difference 
between each one of these four signal parameters X t4f f 2 , X t4 f2 , X t4| f 3 , 


rooted sum being equal to the third signal parameter V (4 . This third 
signal parameter is supplied to the control input of discounting 
arrangement 61, At its input discounting arrangement 61 receives a 
signal V C 4 coming from integrator 58, and generates at its output this 

25 signal, being divided by the third signal parameter: V u /W t4 . 

As a result of providing the device with converting arrangement 
60 and discounting arrangement 61, the complexity of the reference 
signal or output signal can be used to adjust the quality signal. Due 
to said converting and discounting, a good correlation is obtained 

30 between the objective quality signal to be assessed by means of said 
device and a subjective quality signal to be assessed by human 
observers. The invention is based, inter alia, on the insight that the 
poor correlation between objective quality signals to be assessed by 
means of known devices and subjective quality signals to be assessed 

35 by human observers is the consequence, inter alia, of the fact that 
certain distortions are found to be more objectionable by human 
observers than other distortions, which poor correlation is improved 
by using the two compressing arrangements, and is furthermore based, 


According to a 



embodiment (discounting arrangement 61 


20 


Xt*,f4 anc * the average value, squaring each calculated difference, 
summing the squared calculated differences and rooting this sum, the 
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Inter alia, on the insight that distortions in a less complex signal 
are found to be more objectionable than distortions in a more complex 
signal. 

Usually discounting arrangement 61 and converting arrangement 60 
will, be situated inside combining circuit 6. However, converting 
arrangement 60 could for example also be placed inside one of the 
series circuits. Although in figure 1 the fifth input of combining 
circuit 6 is coupled to the first series circuit (the first output of 
first signal processing arrangement 1), this fifth input could also be 
coupled to the second series circuit (for example the second output of 
second signal processing circuit 2). Recent proof shows that this will 
improve the correlation even more. 

The components shown in Figure 2 of first signal processing 
arrangement 1 are described, as stated earlier, adequately and in a 
manner known to the person skilled in the art in the first reference. 
A digital output signal which originates from the signal processing 
circuit such as, for example, the coder/decoder, or codec, and which 
is, for example, discrete both in time and in amplitude is multiplied 
by means of first multiplying arrangement 20 by a window function such 
as, for example, a so-called cosine square function represented by 
means of a time spectrum, after which the signal thus obtained and 
represented by means of a time spectrum is transformed by means of 
first transforming arrangement 21 to the frequency domain, for example 
by an FFT, or fast Fourier transform, after which the absolute value 
of the signal thus obtained and represented by means of a time 
spectrum and a frequency spectrum is determined by means of the first 
absolute-value arrangement 22, for example by squaring. Finally, a 
power density function per time /frequency unit is thus obtained. An 
alternative way of obtaining said signal is to use a subband filtering 
arrangement for filtering the digital output signal, which subband 
filtering arrangement generates, after determining an absolute value, 
a signal parameter as a function of time and frequency in the form of 
the power density function per time /frequency unit. First converting 
arrangement 23 converts said power density function per time/frequency 
35 unit, for example by resampling on the basis of a nonlinear frequency 
scale, also referred to as Bark scale, into a power density function 
per time/Bark unit, which conversion is described comprehensively in 
Appendix A of the first reference, and first discounting arrangement 


20 
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30 


WO 96/28952 PCT/EP96/00849 


20 

24 multiplies said power density function per time/Bark unit, for 
example by a characteristic, represented by means of a Bark spectrum, 
for performing an adjustment on a hearing function. 

the components, shown in Figure 3, of first compressing 
5 arrangement 4 are, as stated earlier, described adequately and in a 
manner known to the person skilled in the art in the first reference. 
The power density function per time/Bark unit adjusted to a hearing 
function is multiplied by means of multiplier 32 by an exponentially 
decreasing signal such as, for example, exp(-T/x(z) } . Here T is equal 

10 to 50X of the length of the window function and consequently 

represents half of a certain time interval, after which certain time 
interval first multiplying arrangement 20 always multiplies the output 
signal by a window function represented by means of a time spectrum 
(for example, 50X of 40 msec is 20 msec). In this expression, t(z) is 

15 a characteristic which is represented by means of the Bark spectrum 

and is shown in detail in Figure 6 of the first reference. First delay 
arrangement 34 delays the product of this multiplication by a delay 
time of length T, or half of the certain time interval. First 
nonlinear convolution arrangement 36 convo lutes the signal supplied by 

20 a spreading function represented by means of a Bark spectrum, or 

spreads a power density function represented per time /Bark unit along 
a Bark scale, which is described comprehensively in Appendix B of the 
first reference. First compressing unit 37 compresses the signal 
supplied in the form of a power density function represented per 

25 time/Bark unit with a function which, for example, raises the power 

density function represented per time/Bark unit to the power a, where 
0 < a < 1. 

The components, shown in Figure 4, of scaling circuit 3 can be 
formed in a manner known to the person skilled in the art. Further 

30 integrating arrangement 40 comprises, for example, two separate 

integrators which separately integrate the two series circuit signals 
supplied by means of a Bark spectrum, after which comparing 
arrangement 41 in the form of, for example, a divider, divides the two 
integrated signals by one another and feeds the division result or the 

35 inverse division result as control signal to further scaling unit 42 
which, in the form of, for example, a multiplier or a divider, 
multiplies or divides the second series circuit signal by the division 
result or the inverse division result in order to make the two series 
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circuit signals, viewed on average, of equal size. Ratio-determining 
arrangement 43 receives the first and the scaled second series circuit 
signal in the form of compressed 9 spread power density functions 
represented per time/Bark unit and divides them by one another to 
5 generate the further scaling signal in the form of the division result 
represented per time/Bark unit or the inverse thereof, depending on 
whether scaling unit 57 is constructed as multiplier or as divider. 

The components, shown in Figure 5, of first combining circuit 6 
are, as stated earlier, described adequately and in a manner known to 
10 the person skilled in the art in the first reference, with the 

exception of the component 57 and a portion of component 54. Further 
comparing arrangement 50 comprises, for example, two separate 
integrators which separately integrate the two series circuit signals 
supplied over, for example, three separate portions of a Bark spectrum 
15 and comprises, for example, a divider which divides the two integrated 
signals by one another per portion of the Bark spectrum and feeds the 
division result or the inverse division result as scaling signal to 
scaling arrangement 52 which, in the form of, for example, a 
multiplier or a divider, multiplies or divides the respective series 
20 circuit signal by the division result or the inverse division result 

in order to make the two series circuit signals, viewed on average, of 
equal size per portion of the Bark spectrum. All this is described 
comprehensively in Appendix F of the first reference. Differentiator 
54 determines the difference between the two mutually scaled series 
25 circuit signals. According to the invention, if the difference is 

negative, said difference can then be augmented by a constant value 
and, if the difference is positive, said difference can be reduced by 
a constant value, for example by detecting whether it is less or 
greater than the value zero and then adding or subtracting the 
30 constant value. It is, however, also possible first to determine the 
absolute value of the difference by means of further absolute-value 
arrangement 56 and then to deduct the constant value from said 
absolute value, in which connection a negative final result must 1 
obviously not be permitted to be obtained. In this last case, J 
35 absolute-value arrangement 56 should be provided with a subtracting 
circuit. Furthermore, it is possible, according to the invention, to 
discount from the difference a (portion of a) series circuit signal in 
a similar manner instead of the constant value or together with the 
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constant value. Integrator 58 integrates the signal originating from 
scaling unit 57 with respect to a Bark spectrum and time-averaging 
arrangement 59 integrates the signal thus obtained with respect to a 
time spectrum, as a result of vhich the quality signal is obtained 
5 vhich has a value vhich is the smaller, the higher the quality of the 
signal processing circuit is. 

As already described earlier, the correlation between the 
objective quality signal to be assessed by means of the device 
according to the invention and a subjective quality signal to be 

10 assessed by human observers is improved by several factors vhich can 
be viewed separately from one another: 

the use of discounting arrangement 61 and converting arrangement 
60, discounting arrangement 61 being situated between differential 
arrangement 54,56 and integrating arrangement 58,59, 

15 - the use of discounting arrangement 61 and converting arrangement 
60, discounting arrangement 61 being situated between integrator 58 
and time-averaging arrangement 59, 

the use of the scaling circuit 3 without making use of the 
ratio-determining arrangement 43 and scaling unit 57, 

20 - the use of the scaling circuit 3 with use being made of ratio- 
determining arrangement 43 and scaling unit 57, 

the use of differential arrangement 54,56 which is provided with 
the third input for receiving a signal having a certain value, which 
signal should be deducted from the difference to be determined 

25 originally, and 

the use of differential arrangement 54,56 which is provided with 
the third input for receiving a further signal derived from a series 
circuit signal having a further certain value, which further signal 
should be deducted from the difference to be determined originally. 

30 - The best correlation is obtained by simultaneous use of several 
possibilities. 

The widest meaning should be reserved for the term signal 
processing circuit, in vhich connection, for example, all kinds of 
audio and/or video equipment can be considered. Thus, the signal 
35 processing circuit could be a codec, in which case the input signal is 
the reference signal with respect to vhich the quality of the output 
signal should be determined. The signal processing circuit could also 
be an equalizer, in vhich connection the quality of the output signal 
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should be determined with respect to a reference signal which is 
calculated on the basis of an already existing virtually ideal 
equalizer or is simply calculated. The signal processing circuit could 
even be a loudspeaker, in which case a smooth output signal could be 
5 used as reference signal, with respect to which the quality of a sound 
output signal is then determined (scaling already takes place 
automatically in the device according to the invention). The signal 
processing circuit could furthermore be a loudspeaker computer model 
which is used to design loudspeakers on the basis of values to be set 
10 in the loudspeaker computer model, in which connection a low-volume 
output signal of said loudspeaker computer model serves as the 
reference signal and in which connection a high-volume output signal 
of said loudspeaker computer model then serves as the output signal of 
the signal processing circuit. 
15 In the case of a calculated reference signal, the second signal 

processing arrangement of the second series circuit could be omitted 
as a result of the fact that the operations to be performed by the 
second signal processing arrangement can be discounted in calculating 
the reference signal. In that case, the reference signal could be 
20 supplied to converting arrangement 60 as well. 
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E Claims 

1. Device for determining the quality of an output signal to be 
generated by a signal processing circuit with respect to a reference 
signal i which device is provided with a first series circuit having a 
first input for receiving the output signal and is provided with a 

5 second series circuit having a second input for receiving the 

reference signal and is provided with a combining circuit, coupled to 
a first output of the first series circuit and to a second output of 
the second series circuit, for generating a quality signal, which 
first series circuit is provided with 

10 a first signal processing arrangement, coupled to the first 

input of the first series circuit, for generating a first signal 
parameter as a function of time and frequency, and 

a first compressing arrangement, coupled to the first signal 
processing arrangement, for compressing a first signal parameter and 

15 for generating a first compressed signal parameter, 
which second series circuit is provided with 

- a second compressing arrangement, coupled to the second input, 
for generating a second compressed signal parameter, 

which combining circuit is provided with 
20 a differential arrangement, coupled to the two compressing 

arrangements, for determining a differential signal on the basis of 

the compressed signal parameters, and 

an integrating arrangement, coupled to the differential 

arrangement, for generating the quality signal by integrating the 
25 differential signal with respect to time and frequency, 

characterised in that the device comprises 

- a converting arrangement coupled to at least one series circuit 
for converting at least two signal parameters into a third signal 
parameter, and 

30 a discounting arrangement coupled to the converting arrangement 

for discouting the third signal parameter at the integrating 
arrangement. 

2. Device according to Claim 1, characterized in that the 
converting arrangement converts at least a signal parameter at a first 

35 time point and at a first frequency and another signal parameter at a 
second timepoint and at the first frequency into a fourth signal 
parameter at the first frequency and converts a further signal 
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parameter at a first timepoint and at a second frequency and another 
further signal parameter at a second timepoint and at the second 
frequency into a further fourth signal parameter at the second 
frequency, the discounting arrangement being situated between the 
differential arrangement and the integrating arrangement, and the 
third signal parameter comprising the fourth signal parameter and the 
further fourth signal parameter. 

3. Device according to Claim 1, characterized in that the 
converting arrangement converts at least a signal parameter at a first 
timepoint and at a first frequency and another signal parameter at the 
first timepoint and at a second frequency into the third signal 
parameter at the first timepoint, the discounting arrangement being 
situated inside the integrating arrangement for discounting the third 
signal parameter after the differential signal being integrated with 

15 respect to frequency and before the differential signal is integrated 
with respect to time. 

4. Device according to Claim 1, 2 or 3, characterized in that the 
second series circuit is furthermore provided with 

a second signal processing arrangement, coupled to the second 
input, for generating a second signal parameter as a function of both 
time and frequency, the second compressing arrangement being coupled 
to the second signal processing arrangement in order to compress the 
second signal parameter. 

5. Device according to Claim 1, 2, 3 or 4, characterized in that a 
25 signal processing arrangement is provided with 

a multiplying arrangement for multiplying in the time domain a 
signal to be fed to an input of the signal processing arrangement by a 
window function, and 

a transforming arrangement, coupled to the multiplying 
arrangement, for transforming a signal originating from the 
multiplying arrangement to the frequency domain, 
which transforming arrangement generates, after determining an 
absolute value, a signal parameter as a function of time and 
frequency. 

35 6. Device according to Claim 1, 2, 3 or 4 ( characterized in that a 
signal processing arrangement is provided with 

a subband filtering arrangement for filtering a signal to be fed 
to an input of the signal processing- arrangement, 
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which subband filtering arrangement generates, after determining an 
absolute value, a signal parameter as a function of time and 
frequency. 

7. Device according to Claim 5 or 6, characterized in that the 
5 signal processing arrangement is furthermore provided with 

* a converting arrangement for converting a signal parameter 
represented by means of a time spectrum and a frequency spectrum into 
a signal parameter represented by means of a time spectrum and a Bark 
spectrum* 

10 8. Method for determining the quality of an output signal to be 

generated by a signal processing circuit with respect to a reference 
signal, which method comprises the following steps of 

generating a first signal parameter as a function of time and 
frequency in response to the output signal, 
15 - compressing a first signal parameter and generating a second 
compressed signal parameter, 

generating a second compressed signal parameter in response to 
the reference signal, 

determining a differential signal on the basis of the compressed 
20 signal parameters, and 

generating a quality signal by integrating the differential 
signal with respect to time and frequency, 

characterized in that the method furthermore comprises the following 
steps of 

25 - converting at least two signal parameters into a third signal 
parameter, and 

discouting the third signal parameter after determination of the 
differential signal and before generation of the quality signal. 
9. Method according to Claim 8, characterized in that the method 

30 comprises the following steps of 

converting at least a signal parameter at a first timepoint and 
at a first frequency and another signal parameter at a second 
timepoint and at the first frequency into a fourth signal parameter at 
the first frequency, 

35 - converting a further signal parameter at a first timepoint and 

at a second frequency and another further signal parameter at a second 
timepoint and at the second frequency into a further fourth signal 
parameter at the second frequency, and 
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discounting the third signal parameter comprising the fourth 
signal parameter and the further fourth signal parameter before the 
differential signal is integrated with respect to time and frequency. 

10. Hethod according to Claim 8, characterized in that the method 
5 comprises the following steps of 

converting at least a signal parameter at a first time point and 
at a first frequency and another signal parameter at the first 
time point and at a second frequency into the third signal parameter at 
the first timepoint, and 
10 - discounting the third signal parameter after the differential 
signal has been integrated with respect to frequency and before the 
differential signal is integrated with respect to time. 

11. Method according to Claim 8 t 9 or 10, characterized in that the 
step of generating a second compressed signal parameter in response to 

15 the reference signal comprises the following two steps of 

generating a second signal parameter in response to the 
reference signal as a function of both time and frequency, and 
- compressing a second signal parameter. 

12. Method according to Claim 8, 9, 10 or 11, characterized in that 
20 the step of generating a first signal parameter in response to the 

output signal as a function of time and frequency comprises the 
following two steps of 

multiplying in the time domain a still further first signal to 
be generated in response to the output signal by a window function, 
25 and 

transforming the still further first signal to be multiplied by 
the window function to the frequency domain, which represents, after 
determining an absolute value, a signal parameter as a function of 
time and frequency. 

30 13. Method according to Claim 8, 9, 10 or 11, characterized in that 
the step of generating a first signal parameter in response to the 
output signal as a function of time and frequency comprises the 
following step of 

filtering a still further first signal to be generated in 

35 response to the output signal, which represents, after determining an 
absolute value, a signal parameter as a function of time and 
frequency* 

14. Method according to Claim 12 or 13, characterized in that the 
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step of generating a first signal parameter in response to the output 
signal as a function of time and frequency also comprises the 
following step of 

converting a signal parameter represented by means of a time 
5 spectrum and a frequency spectrum to a signal parameter represented by 
means of a time spectrum and a Bark spectrum. 
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